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于 GMM-UBM 的说话人识别系统，其获得的等错误率优于基于 LBG 分类方法的
说话人识别系统，约降低了 14%。 
3. 基于 ADI 公司的 BLACKFIN 系列 ADSP-BF548 评估板实现了一个基于计算
动词相似度优化的说话人识别系统，外接 LCD 液晶板，通过 AUDIO 接口进行人
性化的人机对话。同时，通过对 FFT 算法、DCT 算法以及部分乘法运算进行优化，
使其运算量减少为原来算法的 4%至 25%，提高了系统的运算速度。实验结果表



































With the rapid development of mobile network technology, the exploitation of 
 real-time speaker recognition system based on the embedded-platform, which is 
employed to implement authentication on the mobile device, turns into one of the 
focus of the current information security technology. In this paper, two methods of 
feature classification were proposed for GMM-UBM characteristics model: one is 
based on verb similarity and the other one is on the grid density. The reports of 
experiments showed the new classification methods improve recognition performance 
of the system by reducing speaker verification equal error, without increasing too 
much computational complexity. Furthermore, an efficient speaker recognition 
embedded system was established on ADI’s ADSP-BF548 development platform  
which was suitable for the safety certification applications of voice search, forensic 
and financial information verification.  
This article solves key problems including the following points: 
1. In the Text-independent speaker identification system, a method of feature 
classification based on the theory of computational verb similarity has been 
proposed. On the evaluation model with the similarity function of both distance and 
trend in mel-cepstral domain, the original feature vectors were assorted after taking 
joint similarity clustering of distance and the trend into account, The experimental 
results showed that the proposed classification method was superior to the LBG 
clustering method and the equal error rate was 12% lower than the speaker 
recognition system based on the LBG classification system. 
2. The feature classification method based on the theory of the grid density is 
proposed in this paper. In the Mel cepstrum domain, without any transformation 
among different domains, density distribution of the feature parameters in the Mel 
cepstrum space was analyzed, and each dimension of the feature parameters was 
equidistantly divided into two sub-spaces, The one with the maximum density will be 
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bigger cluster when having heavier density, but the sub-spaces with lower density 
than the threshold would be deleted. The experimental results showed that the 
proposed classification method was superior to the LBG clustering method, and the 
equal error rate was 14% lower than the speaker recognition system based on the LBG 
classification system. 
3. A speaker recognition system optimization based on computational verb 
similarity was constructed on BLACKFIN series of ADI’s ADSP-BF548 evaluation 
board. Through the AUDIO interface and external LCD board, the system achieved a 
friendly man-machine dialogue performance. Simultaneously, by optimizing 
multiplication, the FFT algorithm and the DCT algorithm, the computation 
complexity was decreased by 4-25%. The experimental results showed that the 
speaker recognition system with the proposed classification method obtained the 
equal error rate about 14% lower than the speaker recognition system based on the 
K-MEANS classification system. 
 
Keywords: speaker recognition; computational verb similarity; grid density; GMM; 
ADSP-BF548 















目  录 
第一章 绪论 ..................................................................................... 1 
1.1 说话人识别技术的背景和意义............................................................... 1 
1.2 说话人识别技术的基本概念 .................................................................. 2 
1.3 说话人识别技术的发展历史及现状 ....................................................... 3 
1.4 存在的问题 ............................................................................................. 6 
1.5 研究的主要工作内容及论文结构 ........................................................... 6 
第二章 说话人识别技术的理论基础 ............................................ 9 
2.1 说话人识别的基本系统结构 .................................................................. 9 
2.2 说话人识别的语音特征参数提取 ......................................................... 10 
2.2.1 梅尔倒谱系数（MFCC） ................................. 10 
2.2.2 线性预测系数 ......................................... 11 
2.3 说话人识别的特征分类方法 ............................................................... 13 
2.3.1  K-MEANS聚类 ........................................ 13 
2.3.2  LBG聚类 ............................................ 15 
2.3.3 谱聚类 ............................................... 16 
2.3.4 分层聚类 ............................................. 17 
2.4 说话人识别的模式匹配 ........................................................................ 18 
2.4.1高斯混合模型 ......................................... 18 
2.4.2支持向量机模型 ....................................... 19 
2.5 说话人识别系统的性能评价 ................................................................ 22 
2.6 本章小结 ............................................................................................... 24 
第三章 基于改进分类算法的说话人识别系统 ........................... 25 
3.1 语音信号预处理 .................................................................................... 25 
3.1.1 采样、量化、预加重 ................................... 25 
3.1.2 分帧加窗 ............................................. 26 













说话人识别系统研究及其 DSP 实现 
VI 
3.2 说话人 MFCC 特征提取 ..................................................................... 29 
3.2.1 MFCC特征参数提取流程 ................................ 29 
3.2.2 动态差分参数的提取 ................................... 32 
3.3 基于相似度的特征分类 ........................................................................ 33 
3.3.1计算动词相似度理论 ................................... 33 
3.3.2基于动词相似度的说话人识别系统 ....................... 35 
3.4 基于网格密度的特征分类 .................................................................... 37 
3.4.1网格密度算法理论 ..................................... 37 
3.4.2基于网格密度算法的说话人识别系统 ..................... 38 
3.5 基于 GMM-UBM 算法的模式匹配及评分标准 .................................. 40 
3.5.1高斯混合模型 ......................................... 40 
3.5.2系统评分准则 ......................................... 43 
3.6 不同特征分类方法实验对比 ................................................................ 44 
3.7 本章小结 .............................................................................................. 45 
第四章 基于 ADSP-BF548 的说话人识别系统硬件设计 ............. 47 
4.1 ADSP-BF548 的基本硬件结构 ............................................................. 47 
4.2 系统整体功能分析 ................................................................................ 48 
4.3 系统主要硬件模块设计 ........................................................................ 48 
4.3.1语音采集及 AD转换模块 ................................ 48 
4.3.2主控电路模块 ......................................... 50 
4.3.3存储器模块 ........................................... 51 
4.4 系统其它硬件模块设计 ........................................................................ 53 
4.4.1 LCD显示模块 ......................................... 53 
4.4.2定时器及按键模块 ..................................... 54 
4.4.3数据传输模块 ......................................... 56 
4.4.4系统引导模块 ......................................... 57 
4.5 本章小结 ............................................................................................... 58 















5.1 VisualDSP++开发环境介绍 .................................................................. 59 
5.2 软件设计流程....................................................................................... 59 
5.3 软件模块设计实现 ............................................................................... 60 
5.3.1初始化系统设备及时钟模块 ............................. 60 
5.3.2初始化存储器模块 ..................................... 62 
5.3.3初始化按键、定时器模块 ............................... 63 
5.3.4说话人识别处理主程序 ................................. 63 
5.3.4.1初始化 SPORT接口及 DMA ......................... 65 
5.3.4.2初始化音频解码芯片 ............................ 66 
5.3.4.3语音采集程序 .................................. 67 
5.3.4.4 MFCC特征参数提取及建立 GMM模型 ............... 68 
5.3.4.5建立 GMM模型及匹配得分 ........................ 69 
5.4 代码优化 .............................................................................................. 70 
5.4.1 FFT算法优化 ......................................... 70 
5.4.2 DCT算法优化 ......................................... 73 
5.4.3 Mel滤波器组优化 ..................................... 77 
5.4.4乘法的浮点运算转定点优化 ............................. 78 
5.5 本章小结 .............................................................................................. 78 
第六章 系统联合测试及结果分析 .............................................. 80 
6.1 系统配置 .............................................................................................. 80 
6.1.1实验目的 ............................................. 80 
6.1.2实验平台 ............................................. 80 
6.2 系统整体性能测试 ............................................................................... 81 
6.2.1语音库 ............................................... 81 
6.2.2说话人识别实验 ....................................... 82 
6.3 本章小结 .............................................................................................. 87 
第七章 总结与展望...................................................................... 88 













说话人识别系统研究及其 DSP 实现 
VIII 
7.2 工作展望 .............................................................................................. 89 
参考文献 .......................................................... 错误!未定义书签。 
附录 ............................................................................................... 95 
硕士期间发表的论文 .................................................................... 97 














Degree papers are in the “Xiamen University Electronic Theses and Dissertations Database”. Full
texts are available in the following ways: 
1. If your library is a CALIS member libraries, please log on http://etd.calis.edu.cn/ and submit
requests online, or consult the interlibrary loan department in your library. 
2. For users of non-CALIS member libraries, please mail to etd@xmu.edu.cn for delivery details.
厦
门
大
学
博
硕
士
论
文
摘
要
库
